IN THE CLAIMS: 

Please amend the claims as follows: 

1 . (Currently Amended) A method for filtering comprising adaptive filtering an 

input sional.s kmaj — (x(n)), interpolating the — filter e d a filtered signal, 

interpolating the input signal (x(n)) f or adapting the adaptive filtering, 
nhnmrtfnrinod i n tha twhorein and adapting the— properties of th e of an 
interpolation of the filtered siqnal. cignal aro adaptabl e . 

2. (Currently Amended) The method according to claim 1i — character i sed i n 
tha twhor ie n it comprises comprising providing a reference signal .signal 
(d(n)+z(n)), and nombin i no the combining an interpolated filtered signal and 
the reference signal for forming an error signal- signal (o(n)). 

3. (Currently Amended) The method according to claim 2-, — charaotor i sod in 
that whorien comprising adapting the properties of the interpolation 
properti e s aro adapted according to the error signal (o(n)) and the 
interpolated filtered sional. o i gna l (Y t {n4)r 

4. (Currently Amended) The method according to claim 2 or 3, 
nhnrnntoricod in tha twhore i n comprising adapting the properties of the 
interpolation propert i es aro adapt e d by changing at least one coefficient of 
the interpolation. 

5. (Currently Amended) The method according to claim 4-, — character i sed in 
that whorotn comprising adapting the at least one coefficient of the 
interpolation i o adapted by using a normalized least mean square algorithm, 
wherein the method further comprises using t he error signal and the 
interpolated filtered signal aro used as inputs for the algorithm. 

6. (Currently Amended) The method according to claim 2 anv of tho claims 2 
to 5, — charaotor i sod in tha twhorein it comprising: compr i ses tho fo ll owing 
st e ps: 

a) computing the filtered output b v sional bv an equation 
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y (n) = W t (n)X(n); 



b) computing the interpolated filtered signal b vbv an equation 

Y, (n) = l l (n)Y(n); 

c) adapting the-interpolation coefficients of an interpolator by anb v-equation 

i(n + 1) = i w+ — fhrr\ *W*to 

where \ij i s the is a step-size used to adapt the coefficients of the 
interpolator, e{n) is the is an output error, l(n) = [i(n) 1r i(n) 2 , i(n) M ] x is thoj s 
an Mxl vector containing the interpolation coefficients of the interpolator, 
Y(n) = [y(n), y(n-1), ...,y(n-M+ 1)f i s th eis a vector of the-past M samples 
from the filtered signal y(n) f and 8 is a smaU-constant; 

d) computing the output error e(n) by bv an equation 
e(n) = d(n) + z(n) - yi(n)\ 

e) computing th e filt e r e d a filtered input vector Xi(n) bvbv an equation 

M-l 

X/W= Z0 x ( n -^) :and 

7=0 

f) updating filtering weights b vbv an equation 
W(« + 1) = F{W(«)+ jJe(n)Xj («)} + q . 

7. (Currently Amended) The method according to any of th e c l aims claim 1-te 
€h — characterised in that wh e r ein comprising using finite impulse response 
filtering is used in said adaptive filtering. 

8. (Currently Amended) An apparatus-^ comprising 

an adaptive filter-^) for filtering an input signal; s i gnal (x(n)) ; 7 

a first interpolator-^ for interpolating th o fi l terod a filtered signal; signal, 

a second interpolator-^ for interpolating the input signal, s i gna l (x(n)), 

wherein tho i ntorpo l ated an interpolated input signal is arranged to be used to 

adapt the adaptive fi l t e r (2) filter; and charact e ris e d in that wh e rein tho 

apparatus (1 ) furth e r compr i s e s 
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a first adapting block— (4) for adapting the properties of the first 
i ntorpolato r interpolator.4 3}. 



9. (Currently Amended) The apparatus-(4) according to claim 8 7 
charact e ris e d in that wherein -it also compr i s e s c omprising an input (5.2) for 
receiving a reference signal. signal (d(n)+z(n)), and a combiner-{§) for 
combining th e combining an interpolated filtered signal and the reference 
signal for forming an error signal. signal ( e (n)). 

10. (Currently Amended) The apparatus-^ according to claim 9, 
charact e r i s e d i n tha tw herein the int e rpo l ation properties are arranged to be 
adapted according to the error signal (o(n)) and the and an interpolated 
filtered siqnal. signal (Yi (M>r 

11. (Currently Amended) The apparatus-(4) according to claim 9, c l aim 9 or 
40^ — charactorisod in tfrat -wherein t he first adapting block-{4) is arranged 
adapted t o change at least one coefficient of the first 
interpolator (3). interpolator. 

12. (Currently Amended) The apparatus-^ according to claim 11, 
character i s e d i n that wherein t he first adapting block-(4) is arrang e d adapted 
to use a normalized least mean square algorithm to adapt the at least one 
coefficient of the first interpolator (3) interpolator , wherein the error signal and 
the interpolated filtered signal are arranged to be used as inputs for the 
algorithm. 

13. (Currently Amended) The apparatus-f^ according to claim 8 f any of th e 
cla i ms 8 to 11, — charact e risod in tha twh e ri e rv -tt also compris e s comprising a 
second adapting block— (6) for adapting the adapting properties of the 
adaptive filter. f iltor (2). 

14. (Currently Amended) The apparatus-f^ according to claim 8, any of the 
claims 8 to 13. characterised i n that wherein said adaptive filter-(3) is a FIR 
filter. 
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